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(continued  from  part  24) 

Distortion 

Distortion  in  an  analogue  circuit  may  be 
considered  to  be  a  form  of  noise,  where 
extra  components,  related  to  the  signal 
being  amplified,  are  generated  within  the 
circuit.  One  common  type  of  distortion, 
known  as  harmonic  distortion,  results  in 
the  introduction  of  frequencies  which  are 
exact  multiples  of  the  fundamental  fre¬ 
quency  being  amplified:  these  multiples 
are  called  harmonics. 

Harmonic  distortion  may  be  intro¬ 
duced  if  the  amplifying  device,  say,  a 
transistor,  has  a  curved  transfer  character¬ 
istic.  Figure  6  illustrates  such  a  curved 
transfer  characteristic  together  with  input 
and  output  signals:  the  output  signal  is 


6 


noticeably  distorted  due  to  harmonic 
distortion. 

We  can  include  the  effects  of  distor¬ 
tion  in  the  block  diagram  representation  of 
the  feedback  system,  as  an  extra  voltage, 
d,  added  at  a  summing  point  as  shown  in 
figure  7.  Without  feedback,  i.e.  with  switch 
Sj  open,  the  output  of  the  circuit  is  given 
by: 

y  =  Ax  +  d 

However,  with  feedback,  i.e.  with  switch 
Sj  closed,  the  output  becomes: 

y  =  Ae  +  d 
As  before: 

z  =  By 
and: 

e  =  x  -  z 
so: 

y  =  A(x  -  By)  +  d 

=  Ax  —  ABy  +  d 
Therefore: 

y  +  ABy  =  Ax  +  d 
and: 

y(l  +  AB)  =  Ax  +  d 
so: 

Ax  d 

y  =  1  +  AB  +  1  +  AB 
We  can  see  that  the  distortion  has  been 
reduced  by  the  feedback  factor. 

Noise 

The  above  description  of  distortion,  and 
how  its  effects  may  be  reduced  with 
feedback,  may  be  applied  to  noise. 


6.  Curved  transfer 
characteristic  of  a 

transistor,  illustrating 
harmonic  distortion. 

7.  Block  diagram 
representation  of  a 
feedback  system  where 
the  extra  voltage,  d. 
represents  the  effects  of 
distortion. 
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However,  noise  is  frequently  intro¬ 
duced  at  an  early  point  in  the  amplifier  and 
the  effects  of  this  will  be  more  noticeable 
than  when  it  is  introduced  later  in  the 
system.  Negative  feedback  may  be  shown 
to  have  virtually  no  effect  on  reducing  the 
effects  of  noise  introduced  in  the  early 
stages  in  an  amplifier. 

Instability  and  frequency  compensation 

With  any  applied  input  signal  frequency  to 
an  amplifier,  the  output  signal  may  be 
shifted  in  phase.  For  example,  figure  8 


shows  the  possible  input  and  output  signals 
of  an  op-amp  circuit  with  a  gain,  G,  of  2. 

The  input  signal  (shown  in  black)  is  a 
sine  wave  of  frequency  f,  which  has  an 
amplitude  of  Vin  volts,  and  is  taken  as  our 
reference  signal  with  a  phase  shift  of  zero. 
The  output  signal  (in  red),  on  the  other 
hand,  although  of  the  same  frequency  f,  is 
of  a  larger  amplitude,  Vout,  and  lags  behind 
the  input  signal  by  45°. 

Now,  with  a  gain  G  of  2,  we  might 
expect  that  the  amplitude  of  the  output 
signal,  Vout,  should  be  twice  that  of  the 


8.  Input  and  output 
signals  of  an  op-amp 
circuit  with  a  gain,  G,  of 
2.  The  output  signal  lags 
45°  behind  the  input 
signal. 


9.  Frequency  response 
plot  of  an  amplifier  with  a 
mid-band  gain  of  2  - 
notice  the  two  corner 
frequencies. 
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amplitude  of  the  input  signal,  i.e.  2  Vin. 
However,  as  figure  8  shows,  this  is  not  the 
case  in  our  example  because  the  gain  we 
have  stated  is  the  mid-band  gain  -  the 
gain  of  the  amplifier  in  the  middle  of  its 
bandwidth. 

In  the  middle  of  the  amplifier’s  band¬ 
width  the  gain  is  2  and  little  or  no  phase 
shift  occurs  between  input  and  output 
signals.  But  if  the  amplifier  is  used  to  amp¬ 
lify  a  frequency  at  the  edge  of  its  band¬ 
width,  say  at  the  bandwidth’s  comer  frequ¬ 
ency,  then  phase  shift  does  occur  and  the 
actual  gain  is  less  than  the  mid-band  gain. 

If  we  were  to  measure  the  input  and 
output  signal  amplitudes  we  would  find 
that: 


V 


out 


1-414  V* 


Now,  if  this  is  related  to  the  mid-band  gain, 
it  can  be  expressed  as: 


Vout  =  0.707  (2  Vin) 


The  ‘2’  in  the  expression  is  the  mid-band 
gain,  G,  which  is  multiplied  by  the  factor 
0.707  to  obtain  the  output  signal  ampli¬ 
tude.  Thinking  back  to  Solid  State  Electro¬ 
nics  24  we  know  that  the  factor  of  0.707  is 
a  special  case  (corresponding  to  —  3  dB) 
which  defines  the  corner  frequency,  fc,  of 
the  bandwidth  of  a  circuit. 

Figure  9  shows  a  possible  frequency 
response  plot  of  an  amplifier  with  a  mid¬ 
band  gain  of  2  (which,  incidentally,  corres¬ 
ponds  to  +6  dB).  Notice  that  the  amplifier 
has  two  corner  frequencies  which  define 
the  bandwidth  as  100  Hz  to  10  kHz.  Below 
the  lower  corner  frequency,  and  above  the 
upper  corner  frequency,  the  amplifier  gain 
falls  by  20  dB  per  decade,  as  we  would 
expect. 

Because  the  output  signal  shown  in 
figure  8  has  an  amplitude  of  0.707  x  2  Vin, 
we  can  surmise,  therefore,  that  the  signals 
are  at  a  frequency  which  equals  one  of  the 
two  corner  frequencies  of  the  amplifier’s 
bandwidth.  At  both  of  an  amplifier’s  corner 
frequencies  the  output  signal  lags  the  input 
signal  by  45°,  which  corresponds  well  with 
our  example.  In  the  mid-band  between  the 
two  corner  frequencies  there  is  little  or  no 
phase  lag. 


What  causes  instability 

Although  negative  feedback,  as  we  saw 


earlier,  is  an  important  factor  in  stabilising 
the  various  parameters  of  an  amplifier,  it 
can  cause  instability.  How  can  this  paradox 
be  explained? 

As  we  have  just  seen,  a  phase  shift 
occurs  at  certain  frequencies  between  the 
input  and  output  signals  of  an  amplifier.  If 
the  feedback  network  of  the  amplifier,  or 
other  cascaded  networks,  produces  further 
phase  shift,  then  the  total  phase  shift  may 
become  180°,  i.e.  inverted,  and  so  the 
negative  feedback  becomes  positive  caus¬ 
ing  possible  oscillations  in  the  amplifier. 

This  can  be  illustrated  mathematically 
by  studying  the  transfer  function  of  the 
amplifier: 

r  =  A 
G  1  +  AB 

If  the  whole  loop,  indicated  by  the  loop 
gain  AB,  produces  a  phase  shift  of  180°, 
this  may  be  shown  by  changing  the  sign  of 
the  loop  gain,  giving: 

r  =  A 
G  1  -AB 

Now  if  the  loop  gain  is  unity,  the  denomi¬ 
nator  of  the  formula  becomes  zero  and 
thus  the  gain  is  infinite  -  indicating 
instability. 

We  can  therefore  define  the  instability 
of  an  amplifier  as  occurring  when  feedback 
is  such  that  the  total  loop  phase  shift  is 
180°  and  the  loop  gain  is  unity.  The 
amplifier  may  oscillate  at  the  frequency  at 
which  this  occurs. 

Why  does  this  instability  occur? 

The  amplifier  frequency  response  shown  in 
figure  9  is  produced  by  a  stable  amplifier 
with  resistive  feedback,  which  will  not 
oscillate.  The  slope  above  the  upper  corner 
frequency,  for  example,  is  of  a  single  lag 
response,  i.e.  it  slopes  at  20  dB  per 
decade. 

Figure  10,  on  the  other  hand,  shows 
the  upper  slope  of  an  amplifier  with  a  more 
complex  slope.  The  first  part  of  the  slope, 
above  the  first  comer  frequency  fj,  is  at  20 
dB  per  decade  -  as  we  would  expect  from 
a  single  lag  response.  However,  a  second 
corner  frequency  occurs  at  f2,  above  which 
the  slope  is  at  40  dB  per  decade  -  a  double 
lag  response.  Finally,  a  third  comer  fre¬ 
quency  occurs  at  f3,  above  which  the  slope 
is  at  60  dB  per  decade  -  a  triple  lag 
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response.  Such  a  frequency  response 
curve  will  occur  with  an  op-amp  which  has, 
say,  parasitic  capacitances,  or  more  than 
one  frequency  dependent  component  in 
the  feedback  network. 

Each  lag  in  the  response  curve  cre¬ 
ates  a  phase  shift,  and  as  each  phase  shift 
may  be  up  to  90°  it  is  easy  to  see  how  a 
stable  amplifier  may  actually  become  unst¬ 
able  when  restrictive  feedback  is  con¬ 
nected,  and  when  the  total  loop  phase  shift 
adds  up  to  180°  and  the  loop  gain  is  1. 
Designers  of  amplifying  circuits,  therefore, 
need  to  ensure  that  the  feedback  they  use 
to  define  a  circuit’s  gain,  distortion,  noise, 
etc.  does  not  cause  such  oscillation. 

Preventing  oscillation 

The  internal  circuit  of  a  741  op-amp  is 
shown  in  figure  1 1  and  we  can  see  that  a 


capacitor  of  value  30  pF  is  included  in  the 
circuit.  This  is  a  frequency  compensation 
or  phase  compensation  capacitor  which 
restricts  the  gain  of  the  741  at  frequencies 
above  about  5  Hz.  It  is  this  capacitor  which 
defines  the  upper  corner  frequency,  seen 
in  the  741’s  open  loop  frequency  response 
graph,  redrawn  in  figure  12,  with  its  gain 
axis  calibrated  in  dB. 

Frequency  compensation  is  the  sim¬ 
plest  way  of  reducing  an  amplifier’s  gain  at 
those  high  frequencies  where  a  loop  gain 
of  1  may  occur  when  the  total  phase  shift  is 
180°  when  feedback  is  applied.  The  capa¬ 
citor  in  the  741  circuit  ensures  that  no 
instability  can  occur,  however,  it  severely 
restricts  the  bandwidth  at  anything  other 
than  low  gain,  making  the  741  op-amp 
useful  only  as  a  low  frequency,  low-gain 
(say  0  Hz  to  100  kHz  at  10  dB)  amplifier. 


Table  1 

Specification  for  the  741  op-amp 


Parameter 

Minimum 

Typical 

Maximum 

Unit 

Large  signal  voltage  gain 

20,000 

200,000 

Input  resistance 

0.2 

2 

MO 

Output  resistance 

75 

ft 

Input  offset  voltage 

1 

5 

mV 

Input  offset  current 

20 

200 

nA 

Input  bias  current 

80 

500 

nA 

Common  mode  rejection  ratio  (CMRR) 

70 

90 

dB 

Slew  rate 

0.5 

V(m  s)-1 

10.  Frequency  response 
curve  of  an  amplifier  with 
3  corner  frequencies. 

1 1 .  Internal  circuit  of  a 

741  op-amp. 

12.  Open  loop 
frequency  response 
graph  for  the  741  op- 
amp. 
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12 


Frequency  (Hz) 


Other  IC  op-amps  exist,  with  and 
without  frequency  compensation  capaci¬ 
tors.  The  709  op-amp,  for  example,  is  very 
similar  to  the  741,  but  without  the  30  pF 
capacitor.  This  means  that  a  709  amplifier 


will  have  a  much  greater  bandwidth  than 
the  equivalent  741  circuit  (from  0  Hz  up  to 
about  10  MHz),  but  the  designer  must  add 
external  frequency  compensation  capaci¬ 
tors,  the  values  of  which  depend  on  the 
gain  and  desired  bandwidth  of  the  circuit. 

To  obtain  stability  with  feedback,  the 
bandwidth  will  be  reduced  to  approx¬ 
imately  the  same  degree  as  in  the  741. 

Op-amp  specifications 

The  most  important  points  in  the  specifica¬ 
tion  of  a  741  op-amp  are  listed  in  table  1 . 
Each  term  used  in  the  specification  is 
defined  below. 

Large  signal  voltage  gain:  the  ratio 
of  the  output  voltage  swing  to  the  change 
in  differential  input  voltage  required  to 
drive  the  output. 

Input  resistance:  the  resistance  be¬ 
tween  the  input  terminals  with  either  input 
grounded. 

Output  resistance:  resistance  be¬ 
tween  the  output  terminal  and  ground. 
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Input  offset  voltage:  the  DC  voltage 
which  must  be  applied  between  the  two 
input  terminals  to  bring  the  output  voltage 
to  zero.  This  may  also  be  defined  as  the 
voltage  which  brings  the  output  voltage  to 
zero  when  two  equal  resistances  are  in¬ 
serted  in  series  with  the  input  terminals. 

Input  offset  current:  average  of  the 
currents  into  the  input  terminals  required 
to  bring  the  output  voltage  to  zero. 

Input  bias  current:  average  of  the 
base  currents  supplied  to  the  two  input 
transistors  from  the  signal  source.  The 
input  bias  current  should  be  as  low  as 
possible. 


Common  mode  rejection  ratio:  the 

ratio  of  differential  gain  to  the  common 
mode  gain.  The  common  mode  gain  is 
the  op-amp  gain  when  one  input  signal  is 
simultaneously  applied  to  both  inputs. 

Such  a  signal  is  called  a  common  mode 
signal. 

Slew  rate:  the  rate  of  change  in 
output  voltage,  when  a  step  input  is 
applied  which  causes  the  op-amp  output  to 
change  over  full  rated  output.  This  rate  of 
change  in  voltage  is  slower  than  that  of  a 
small  signal  change,  and  may  prevent  the 
op-amp’s  use  with  high  frequency  large 
signals. 


Glossary 

distortion 

an  amplifier’s  output  signal  is  said  to  be  distorted  if  it  contains 
frequency  components  not  present  in  the  input  signal 

error  signal 

the  error  signal  of  an  op-amp  (or  any  feedback  system)  is  the  input 
signal  minus  the  feedback  signal 

frequency 

compensation,  phase 
compensation 

use  of  frequency  dependent  feedback  to  reduce  the  effective  upper 
bandwidth  of  an  amplifier,  to  prevent  instability  due  to  oscillation 

harmonics 

multiples  of  the  fundamental  frequency  of  a  signal,  contained  within 
the  signal 

harmonic  distortion 

distortion  introduced  by  a  system,  due  to  the  presence  of  harmonics  in 
the  output  not  contained  in  the  input  signal 

loop  gain,  AB 

in  the  gain  formula  of  an  amplifier  with  feedback: 

r  A 

1  +  AB 

the  quantity  AB  being  known  as  the  loop  gain 

open  circuit  voltage 

the  voltage  a  circuit  generates  across  its  output  terminals  when  no  load 
is  connected  to  it 

short  circuit  current 

current  which  would  be  theoretically  generated  by  a  circuit  if  its  output 
terminals  were  shorted  together 

slew  rate 

rate  of  change  in  output  voltage  when  a  step  input  causes  the  output 
voltage  to  change  over  full  rated  output  range 

summing  point 

symbol  in  a  block  diagram  representation  of  a  system  which  indicates 
the  addition  of  signals 

transfer  ratio,  transfer 
function 

the  mathematical  expression  which  relates  a  circuit’s  output  to  its 
input,  i.e.  a  circuit’s  gain 
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Resonance 


When  sitting  in  a  car  we  often  find  that 

some  panel  will  start  to  vibrate  when  we 
reach  a  certain  speed.  Increase  or  decrease  this 
speed  and  the  vibration  stops.  This  is  an 
example  of  resonance,  and  the  vibration  occurs 
when  the  natural  frequency  of  the  panel  is 
exactly  matched  by  the  frequency  of  vibration 
of  the  engine.  The  same  situation  exists  in 
electrical  circuits  and  is  used  in  many  devices. 


An  ideal  series  resonant  circuit 

Figure  la  shows  a  circuit  comprising  an  ideal 
inductance  in  series  with  an  ideal  capacitance. 
If  we  assume  that  a  current  of  rms  value  I,  at  a 
frequency  f,  is  flowing  through  the  circuit,  then 
we  can  draw  the  phasor  diagram  shown  in 
figure  lb,  where  VL  leads  and  Vc  lags  the 
current  by  90°.  The  values  of  VL  and  Vc  are: 

VL  =  27rfLI 

I 

1.  An  ideal  inductance  Vc  —  2^(3 

in  series  with  an  ideal 

capacitance.  Now,  when  the  frequency,  f,  is  high  we  can  see 


V, 


VL 


VL 


V 


▼▼ 


Vr 


Vr 


b) 


c) 


d) 


that  VL  will  be  large  and  Vc  will  be  small  and 
the  total  voltage,  V,  will  be  as  shown  in  figure 
lb.  Here,  V  leads  the  current  through  the 
circuit,  and  the  circuit  has  an  overall  capacitive 
reactance.  If,  on  the  other  hand,  the  frequency 
is  low,  VL  will  be  small  and  Vc  will  be  large. 
Here,  the  total  voltage  will  lag  the  current 
( figure  lc)  and  the  circuit  has  an  overall 
inductive  reactance. 

It  is  likely,  then,  that  at  an  intermediate 
frequency  we’ll  find  that  VL  and  Vc  will  have 
exactly  the  same  magnitude,  and  the  resultant 
voltage  will  be  zero,  as  shown  in  figure  Id.  This  - 
condition  is  resonance  and  a  circuit  in  which 
resonance  is  achieved  is  termed  a  resonant 
circuit.  As  we’ve  seen  the  condition  for 
resonance  is: 


VL  =  Vc 

substituting  from  the  previous  expressions 
gives: 


277fL 


1 

2ttFC 


The  frequency,  fG,  at  which  resonance  occurs  is 
thus  given  by: 

2n{°L  =  2ni 0C 
which  gives: 

_ 

f°  “  2tt/LC 

Using  this  argument  we  can  see  that  such  a 
circuit  can,  in  theory,  have  current  flowing 
through  it  at  the  resonant  frequency  even  when 
the  supply  voltage  is  zero.  However,  this 
cannot  occur  in  practice  as  all  inductors  possess 
some  degree  of  resistance  -  this  means  that  it  is 
necessary  to  supply  some  voltage  to  the  circuit. 


A  real  series  resonant  circuit 

If  we  take  into  account  the  resistance  of  the 
inductor  then  we  get  the  circuit  model  shown  in 
figure  2a.  Figure  2b  shows  the  phasor  diagram 
for  this  circuit,  drawn  when  the  supply  is 
adjusted  to  the  resonant  frequency  fQ. 

As  expected,  the  total  quadrature  voltage 
is  zero,  and  total  supply  voltage  is  given  by: 

V  =  Vr 
=  IR 

So,  voltage  has  to  be  supplied  in  order  that 
current  may  flow  in  the  circuit,  but  as  long  as  R 
is  small  (as  it  should  be  for  a  good  inductor)  the 
voltage  will  be  small.  This  is  the  resonant 
condition  for  a  series  circuit.  As  we  have  seen, 
the  voltage  is  minimum  at  resonance  and  this 
indicates  that  the  impedance  of  the  circuit  is 
also  minimum. 
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Power  in  a  resonant  circuit 

Let’s  look  at  the  instantaneous  power  flowing 
in  the  parts  of  this  circuit  When  an  instan¬ 
taneous  current,  i,  flows  in  an  inductor  the 
power  is  given  by: 


Pl  =  vLi 

Similarly,  the  power  flowing  in  a  capacitor 
when  an  instantaneous  voltage,  Vc,  exists 
across  it  is: 


Pc  =  vci 

Figure  3  shows  these  instantaneous  power  and 
current  values  as  waveforms. 

In  the  previous  Basic  Theory  Refresher 
we  saw  that  power  flows  into  an  inductor 
(positive  power)  when  the  magnitude  of  the 
current  is  increasing,  and  flows  out  of  the 
inductor  (negative  power)  when  the  magnitude 
of  the  current  is  decreasing.  In  the  same  way, 
power  flows  into  a  capacitor  when  the  magni¬ 
tude  of  the  current  is  decreasing,  and  out  of  it 
when  the  current  magnitude  is  increasing. 

So  we  can  see  that  the  maximum  amount 
of  energy  is  stored  in  the  inductor  after  time 
T/4,  when  energy  has  been  continuously  flow¬ 
ing  into  it.  At  this  instant  of  time,  energy  begins 
to  flow  out  of  the  inductor  and  into  the 
capacitor,  building  up  maximum  energy  at  time 
T/2,  when  all  the  energy  has  been  drained  from 
the  inductor.  This  continual  interchange  of 
energy  is  one  of  the  characteristics  of  a 
resonant  circuit. 


3 


2.  A  real  inductance  in 

series  with  capacitance. 

3.  Instantaneous 
current  and  power 
waveforms  in  the 
circuit  of  figure  2a. 


776 


Considering  the  effect  of  resistance  in  the 
circuit,  we  know  that  power  is  dissipated  in  a 
resistance  whenever  current  flows,  and  that  it  is 
always  equal  to: 

Pr  ~  vRi 

This  is  also  shown  in  figure  3,  and  we  can  see 
that  the  only  power  which  needs  to  be  supplied 
from  outside  the  circuit  is  that  ‘lost’  by  the 
resistor. 

Parallel  resonant  circuit 

Figure  4a  illustrates  a  resonant  circuit  compris¬ 
ing  an  ideal  inductor,  capacitor  and  resistor 
connected  in  parallel.  Drawing  the  phasor 
diagram  for  this  circuit,  we  start  with  the  voltage 
as  reference  and  then  build  up  the  current 
through  the  inductor,  IL,  the  capacitor  Ic,  and 
the  resistor,  IR,  in  turn.  This  is  shown  in  figure 
4b  for  a  supply  of  frequency,  fQ,  at  which: 

II  =  Ic 

or,  in  other  words: 

VlBl  =  VCBC 

where  BL  and  Bc  are  the  susceptances  of  the 
inductor  and  capacitor  where: 

1 

Bl  -  HrfJ. 

Bc  =  2ni0C 

Thus,  the  resonant  frequency  given  by: 

Bl  =  Bc 


can  be  obtained  from: 

1 

f°  ~  2ttVLC 
From  this  it  can  be  seen  that  the  resonant 
frequency  of  a  parallel  circuit  is  the  same  as  that 
for  the  series  circuit. 

If  we  considered  a  real  inductor  that 
possessed  some  resistance,  then  we  would  find 
that  this  expression  is  only  approximately  true, 
but  the  error  is  negligible  if  the  resistance  is 
small. 

It  can  be  seen  from  the  phasor  diagram 
that  when  the  circuit  is  resonating  the  current 
taken  from  a  fixed  voltage  supply  will  be  at  a 
minimum.  This  indicates  that  the  impedance  of 
the  circuit  will  be  large  at  resonance. 

The  resonant  circuit  and  direct  voltage 

Figure  5a  shows  a  series  resonant  circuit  of  a 
capacitor,  inductor  and  resistor  connected  to  a 
battery  via  a  switch.  When  the  switch  is  closed, 
a  current  attempts  to  flow  in  the  circuit.  As  the 
current  is  changing,  a  voltage  is  developed 
across  the  inductor  according  to  Lenz’s  law. 
However,  since  the  voltage  across  a  capacitor 
cannot  change  instantaneously,  the  capacitor 
voltage  starts  at  zero.  As  the  current  increases, 
the  voltage  across  the  inductor  falls  and  the 
voltage  across  the  capacitor  rises,  until  the 
current  is  maximum  and  the  inductor  voltage  is 


4.  Circuit  and  phasor 
diagrams  for  a  resonant 
circuit  comprising  an 
ideal  inductor,  capacitor 
and  resistor  in  parallel. 


Variable  frequency  supply 


b) 


IC  =  BCV 
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5.  Circuit  diagram  and 
inductor  voltage 
waveforms  for  a  series 
resonant  circuit. 


zero.  The  inductor  voltage  then  becomes 
negative  and  oscillates  slowly,  dying  away  to 
zero  after  a  very  long  period  of  time  (figure  5b). 
The  voltage  on  the  capacitor  reaches  its  max¬ 
imum  value  when  the  current  falls  to  zero.  The 
capacitor  voltage  also  oscillates  around  the 
battery  voltage  until,  after  a  very  long  period  of 
time,  they  are  equal  and  the  current  falls  to 
zero. 

Each  current  or  voltage  oscillation  be¬ 
comes  smaller  as  time  progresses  and  the 
energy  is  dissipated  as  heat  in  the 
resistor. 


Use  of  resonant  circuits 

All  radio  and  television  receivers  use  a  number 
of  resonant  circuits  -  usually  in  the  form  of 
parallel  circuits.  These  employ  variable  capaci¬ 
tors,  the  value  of  which  can  be  altered  until  the 
resonant  frequency  of  the  circuit  is  identical  to 
the  frequency  of  the  radio  wave  that  we  want 
to  receive.  For  this  reason  resonant  circuits  are 
sometimes  termed  tuned  circuits,  and  the 
process  of  adjusting  either  the  capacitor  or 
inductor  to  obtain  the  correct  resonant  fre¬ 
quency  is  known  as  tuning.  □ 
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ELECTRICAL  TECHNOLOGY 

Solution  of  general 
AC  networks 


o  far,  we  have  looked  at  some  simple 
examples  of  the  behaviour  of  real  elements 
in  alternating  current  circuits.  We  now  need  to 
see  how  more  complicated  networks  contain¬ 
ing  a  number  of  interconnected  circuits  may  be 
solved. 

The  inside  of  a  radio  is  a  good  example  of 
how  complex  many  circuits  can  be,  and  shows 
that  some  routine  method  of  analysis  is 
needed.  Although  we  are  not  able  to  show  any 
of  the  very  general  techniques  here,  we  can 
indicate  the  way  in  which  such  systems  can  be 
analysed  by  the  use  of  a  few  simple  examples. 
This  network  analysis  is  based  on  Kirchhoff  s 
two  rules,  which  were  discussed  in  the  earlier 
Basic  Theory  Refresher  on  DC  circuit  analysis. 

KirchhofPs  first  law 

Kirchhoff  s  first,  or  current  law  states  quite 
simply  that  in  any  network,  the  sum  of  all 
currents  entering  every  node  (a  junction  be¬ 
tween  two  or  more  wires),  is  equal  to  the  sum 
of  all  currents  leaving  it.  This  is  almost  obvious 
since  current  is  a  flow  of  electrons  and  we  know 
that  electrons  cannot  accumulate  at  any  point 
in  a  circuit. 

This  law  is  valid  in  AC  circuits  at  every 
instant  of  time,  and  can  be  shown  to  hold  for 
the  phasors  that  represent  the  rms  value  of 
the  currents  in  each  branch  of  the  network. 


(Phasors  will  be  indicated  by  emboldened 
characters  and  added  by  the  rules  for  phasor 
addition.) 

So  we  can  say  that  at  the  node,  P,  in 
figure  la: 

I3  +  I5  =  Ii  +  I2  +  I4 

Figure  lb  shows  a  typical  phasor  diagram  for 
this  situation.  The  statement  above  would  be 
more  usually  written  by  saying  the  sum  of  all 
the  currents  is  zero,  if  we  consider  the  currents 
entering  the  node  to  be  negative  and  those 
leaving  to  be  positive: 

Ii  +  I2  —  I3  +  I4  —  I5  =  0 

KirchhofPs  second  law 
Kirchhoff  s  second,  or  voltage  law,  states  that 
in  any  network,  the  sum  of  all  the  EMFs  and  all 
the  voltage  drops  across  impedances  in  any 
closed  loop  is  equal  to  zero.  This  is  also  true  if 
all  the  currents  and  EMFs  are  phasors  repre¬ 
senting  rms  values.  Figure  2  shows  a  loop 
which  is  part  of  a  larger  network  and  we  have: 

Zj  Ii  4-  Z2  I2  —  Z3 13  —  E3  +  Z4 14 

+  Z5 15  —  E5  =  0 

Kirchhoff  s  laws  will  enable  us  to  solve  any 
network,  using  a  phasor  diagram  for  the 
voltages  and  currents  in  it.  Unfortunately,  the 
solution  of  complicated  networks  by  phasor 
diagrams  is  very  cumbersome,  but  there  are 


1.  (a)  The  sum  of  all 

currents  entering  node  P 
is  equal  to  the  sum  of  all 
currents  leaving  it;  (b) 
phasor  diagram. 
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2.  The  sum  of  all  the 
EMFs  and  all  the  voltage 
drops  across  impedances 
in  any  closed  loop  is 
equal  to  zero. 

3.  Network  of  three 
impedances  connected 
across  a  sinusoidal 
voltage  generator. 


alternative  methods.  Let’s  look  at  two  exam¬ 
ples  to  illustrate  the  use  of  Kirchhoff  s  voltage 
and  current  laws. 

Example  one  -  current  law 

Figure  3  shows  a  network  of  three  impedances 
connected  in  parallel  across  a  sinusoidal  vol¬ 
tage  generator  of  rms  value  V.  At  node  A,  we 
can  write  Kirchhoff  s  first  law  in  terms  of: 

I  4-  Ii  +  I2  +  I3  =  0 

since: 


V 


Since  the  effective  complex  impedance,  Z,  is 
given  by: 


3 


I 
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4 


4.  Single  loop  of  three 
impedances  connected  in 
series  across  an 
alternating  voltage. 


V, 


5.  Complex  network  of 
three  branches  in 
parallel,  connected  in 
series  with  another 
element. 


V 

Z  =  T 

we  have: 

1-=x+j_  +  j_ 

Z  Zi  Z2  Z3 

or  by  using  admittances: 


Y  =  Yx  4-  Y2  +  Y3 

Finally,  since  the  complex  admittance  is  com¬ 
posed  of  in  phase  and  quadrature  parts,  G  and 
B,  we  can  write  equations  for  the  in  phase  and 
quadrature  parts  of  the  total  admittance  in 


these  terms: 

G  =  Gi  4-  G2  +  G3 

B  =  Bx  +  B2  4-  B3 

The  term  complex  admittance  is  used  to  refer 
to  the  ratio  of  a  phasor  current  through  an 
admittance  to  the  phasor  voltage  across  it. 

Example  two  -  voltage  law 

Kirchhoff  s  voltage  law  can  be  applied  to  a 

single  loop  that  has  the  same  current  flowing 

through  all  the  impedances  connected  in  series 

across  an  alternating  voltage  of  rms  value,  V,  as 

shown  in  figure  4.  This  gives  us  the  phasor 

relationship: 

V  =  \J1  +  V2  +  V3 
=  Zx  I  T  Z2  I  +  Z3  I 

Now,  the  total  complex  impedance,  Z,  is  given 
by: 


V 


Complex  impedance  is  similar  to  complex 
admittance,  and  is  defined  as  the  ratio  of  the 
phasor  voltage  across  an  admittance  to  the 
phasor  current  flowing  through  it.  Thus: 

Z  =  Zi  +  Z2  4-  Z3 

The  complex  impedance  is  composed  of  an  in 
phase  part,  R,  and  a  quadrature  part,  X,  which 
may  be  added  separately: 

R  =  Ri  4-  R2  4-  R3 

X  =  Xi  +  x2  +  x3 

Solving  a  more  complex  network 

Figure  5  illustrates  a  network  that  consists  of 
three  branches  in  parallel,  connected  in  series 
with  another  element.  We  can  model  a  circuit 
consisting  of  a  resistance,  R,  in  series  with  a 
reactance,  X,  by  an  equivalent  circuit  of  a 
conductance,  G,  in  parallel  with  a  susceptance, 
B.  and  vice  versa  if: 

R  -X 

G  "  R2  +  X2  ’  B  "  R2  +  X2 
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Left:  testing  a  circuit 
using  a  multimeter. 
(Photo:  IAL). 


or,  reciprocally: 

G 

R  = 


X  = 


-B 


G2  +  B2  ’  A  G2  +  B2 
Beginning  with  the  three  branches  in  parallel, 
we  can  now  convert  these  to  their  parallel 
equivalents.  For  branch  1:  Rx  =  3  and  Xx  =  4: 

Gl  =  =  0.12  S 


B  = 


R  i  +  X2! 
-Xx 


32  +  42 
-4 


p2  _L  v2  32  _|_  42 


R  i  +  X'i 

For  branch  2:  R2  =  5  and  X2  =  0,  so: 
R2 


=  -0.16S 


G2  = 


R22  +  X22 

5 


52  +  0 

0.2S 

OS 

For  branch  3:  R3  =  0  and  X3  =  —2,  so: 
0 

-x3 

R23  +  X23 


b2  = 

bi 

G3  = 

b3  = 


22  +  0 

0.5  S 


Adding  these  values  together  gives  us  the  total 
conductance,  GT,  and  susceptance,  BT,  be¬ 
tween  the  points  P  and  Q: 

Gt  =  Gi  +  G2  +  G3 
=  0.12  +  0.2  +  0 
=  0.32  S 

By  =  Bi  +  B2  +  B3 

=  -0.16  +  0  +  0.5 
=  0.34  S 

As  this  is  in  series  with  R4,  it  must  be  converted 


to  the  series  form,  RT  and  XT,  where: 

R  _  _ <£I _ 

Rt  "  G2t  +  B2t 
0.32 

"  0.322  +  0.342 
=  1.47  ft 
-Bx 

Xt  “  G2y  +  B2y 
-0.34 

“  0.322  +  0.342 
.  =  -1.56ft 

The  resistance,  R,  and  series  reactance,  X, 
between  P  and  R  is  given  by: 

R  =  Ry  R4 
=  1.47  +  2.5 
=  3.97  0 

X  —  Xy  +  X4 
=  -1.56  +  0 
=  -1.560 
So,  the  impedance: 

z  =  Vr2  +  X2 


=  V3.972  +  1.562 
=  4.27  ft 

and: 

3.97 

cos  <t>  -  4  26 

=  0.931 

and  the  current  leads  the  voltage  as  the 
reactance  is  negative. 


□ 
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Instrumentation  and 
control  systems-2 


Transducers 

Transducers  are  the  devices  used  in  elec¬ 
tronic  instrumentation  and  control  systems 
to  convert  energy,  corresponding  to  a 
measure  of  some  physical  quantity,  into 
electrical  energy,  such  as  voltage  or 
current. 

Ideally,  a  transducer  should  only  be 
sensitive  to  the  effects  of  one  particular 
quantity,  i.e.  the  quantity  that  we  are  using 
it  to  measure.  Transducers  can  be  manu¬ 
factured  to  convert  a  sample  of  the  energy 
in  physical  quantities  such  as  temperature, 
pressure,  liquid  flow,  distance,  speed,  pow¬ 


er  and  height  into  a  form  which  can  be 
used  by  a  signal  processor.  The  signal 
processor,  in  turn,  acts  on  the  signal  from 
the  transducer  to  produce  an  electrical 
signal  which  drives  the  display  device. 

In  some  modern  car  systems,  a  micro¬ 
computer  performs  all  the  signal  proces¬ 
sing  operations  for  several  measurements: 
a  possible  system  is  shown  in  figure  1. 

Generally  speaking,  the  transducer 
outputs  and  microcomputer  input  are  not 
directly  compatible.  Most  transducers,  for 
example,  produce  an  analogue  output 
signal  while  the  microcomputer  requires  a 
digital  input  -  an  ADC  is  therefore  required 


1.  Example  system  for  a  \ 
car  microcomputer. 


Transducers  Displays 
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for  the  necessary  analogue-to-digital 
conversion. 

Similarly,  the  digital  microcomputer 
output  is  used  to  drive  a  display  device  of 
some  type:  if  the  display  is  a  seven- 
segment  digital  display,  for  example,  the 
microcomputer  can  drive  it  directly;  on  the 
other  hand,  if  the  display  is  analogue,  an 
ammeter  for  example,  then  a  DAC  is 
needed  to  convert  the  digital  signal  to 
analogue  form. 

The  microcomputer  is  also  likely  to 
interface  between  many  transducers  and 
displays,  and  so  multiplexers  of  both  ana¬ 
logue  and  digital  varieties  may  be  needed 
as  shown  in  figure  2.  Those  physical 
quantities  shown  are  only  a  few  examples, 
others  we  may  wish  to  measure  in  a  fully 
automated  car  include  inlet  manifold  press¬ 
ure,  crankshaft  angular  position,  air  flow 
rate,  exhaust  gas  contents  etc. 

We  will  now  go  onto  look  at  a  few 
transducers  in  detail. 

Fuel  quantity  transducer 

We  have  already  seen  an  example  of  a  fuel 
quantity  transducer  in  the  analogue  petrol 
gauge  seen  in  Digital  Electronics  22.  That 
example  comprised  a  float  and  variable 
resistor  combination.  A  second  type,  based 


on  a  capacitive  effect,  is  shown  in  figure  3, 
where  a  probe  is  inserted  into  a  petrol  tank. 
The  probe  is  constructed  of  two  conductive 
tubes  mounted  concentrically  and  sepa¬ 
rated  by  a  known  distance,  d.  This  forms 
the  basic  capacitor  arrangement  of  two 
conductive  plates  separated  by  an  insula¬ 
tor.  The  capacitance  of  the  probe  is 
proportional  to  the  pemiittivity  as: 

C  £r 

When  the  tank  is  empty,  the  relative 
permittivity,  £r,  is  the  same  as  that  of  air, 
however,  when  the  tank  is  full,  the  relative 
permittivity  is  that  of  petrol,  and  the 
capacitance  of  the  probe  changes  accor¬ 
dingly.  At  petrol  levels  between  empty  and 
full,  the  capacitance  of  the  probe  lies 
somewhere  inbetween  the  two  extremes. 

A  simple  way  of  processing  the  out¬ 
put  signal  of  the  probe  transducer  (i.e.  its 
capacitance)  is  to  use  the  capacitance  as  a 
frequency  dependent  component  in  an 
oscillator.  Thus,  as  the  level  of  petrol 
varies,  so  does  the  frequency.  This  is  also 
shown  in  figure  3. 

Fuel  flow  transducer 

A  common  fuel  flow  transducer,  known  as 
a  flowmeter,  consists  of  a  low  inertia 


2.  Analogue  and  digital 
multiplexers  are  used  to 
interface  the  car 
microcomputer  to  the 
transducers  and  displays. 
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3.  Operation  of  a  fuel 
quantity  transducer  -  a 

capacitive  level  probe. 


3 


Capacitive  level  probe 


T 

Oscillator  whose 
frequency  depends 
on  capacitance 

-O 


Output  signal 
frequency  defined 
by  level  of  petrol 
in  tank 


4.  A  flowmeter. 


4 

Permanent  magnet  Pulse  produced  in  coil  every 


propeller,  past  which  fuel  flows  as  shown  in 
figure  4.  As  the  rotational  speed  of  the 
propeller  is  determined  by  the  fuel  speed, 
placing  the  transducer  in  the  fuel  line  to  the 
carburettor  enables  the  number  of  times 
the  propeller  rotates  per  unit  time  to  be 
directly  proportional  to  the  amount  of  fuel 
used  in  that  time. 

A  coil,  wound  around  a  permanent 
magnet,  acts  as  a  pick-up,  detecting  the 
movement  of  the  propeller  blades  as  it 
rotates.  A  voltage  pulse  is  induced  in  the 
coil  as  each  blade  passes  and  the  fre¬ 


quency  of  these  pulses  is  a  measure  of 
the  fuel  used. 

Vehicle  speed  transducer 

In  a  vehicle  speed  measurement  system, 
information  concerning  speed  is  mechani¬ 
cally  coupled  to  the  speed  transducer  by  a 
flexible  cable  from  the  gearbox  or 
driveshaft  which  rotates  at  an  angular 
speed  proportional  to  vehicle  speed.  The 
speed  transducer  generates  a  pulsed  elec¬ 
trical  signal  for  processing  by  the  micro¬ 
computer.  Figure  5  illustrates  the  basic 
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principle  behind  this  type  of  transducer. 

The  flexible  cable  drives  a  slotted  disk 
which  rotates  through  the  transducer.  A 
light  source  on  one  side  of  the  disk  shines 
towards  a  light  detector  on  the  other  side. 
As  the  slots  in  the  disk  pass  through  the 
light  beam,  the  beam  is  broken  and  the 
voltage  output  of  the  detector  correspon¬ 
dingly  changes.  The  frequency  of  the 
pulses  is  therefore  proportional  to  vehicle 
speed. 

Other  measurements 

Measurements  of  battery  charging  rate  and 
voltage  can  be  undertaken  without  the 
need  for  transducers  because  the  electrical 
analogue  signals  produced  are  directly 


5.  Vehicle  speed 
transducer. 

6.  Possible  system  for  a 
vehicle  trip  computer. 


Transducers 


Light 

detector 


through  transducer 


compatible  with  the  ADC  used. 

We  have  seen  an  example  of  a 
transducer,  based  on  the  piezoresistive 
effect,  in  Digital  Electronics  22,  which  can 
be  used  for  measurement  of  oil  pressure. 

Engine  revolutions  may  be  measured 
in  the  same  way  as  vehicle  speed,  with  a 
flexible  cable,  driven  by  the  engine  crank¬ 


shaft  (and  not  the  vehicle  driveshaft),  to 
drive  an  identical  transducer.  Alternatively, 
as  the  number  of  times  each  spark  plug  is 
fired  in  a  certain  time  equals  the  number  of 
engine  revolutions  in  that  time,  a  count  of 
the  number  of  sparks  in  one  minute 
equals  the  number  of  engine  revolutions 
per  minute. 
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A  practical  example 

One  of  the  most  popular  electronic  instru¬ 
ments  for  cars  is  the  trip  information 
system.  Such  a  trip  computer  may  have  a 
number  of  functions  and  can  display  useful 
information  to  the  driver,  such  as:  fuel  and 
average  fuel  consumption;  speed  and 
average  speed;  distance  travelled;  total  trip 
time;  fuel  remaining;  and  engine  RPM, 
temperature  and  oil  pressure. 

All  of  the  transducers  we  have  discus¬ 
sed  so  far,  coupled  with  the  signal  proces¬ 
sing  circuits  and  microcomputer,  can  be 
combined  to  produce  a  trip  computer  with 
these  functions.  A  possible  system  is  shown 
in  figure  6. 

The  driver  enters  inputs  to  the  system 
through  the  keyboard.  At  the  beginning  of 
a  trip,  for  example,  the  driver  initialises  the 
system,  resetting  the  trip  distance  to  zero. 

At  any  time  during  the  trip,  the  driver  can 
use  the  keyboard  to  request  display  of 
particular  information. 

The  system  computes  a  particular  trip 
parameter  from  the  input  data.  For  exam¬ 
ple,  fuel  consumption  in  miles  per  gallon 
can  be  found  by  dividing  S,  the  speed  in 
miles  per  hour,  by  F,  fuel  flow  in  gallons 
per  hour. 

Distance  may  be  calculated  because 
of  the  inherent  relationship  between  dis¬ 
tance,  speed  and  time,  given  by  D  =  S  x 
T,  where  D  is  the  distance  in  miles  and  T  is 
the  time  in  hours.  Metric  calculations,  e.g. 
speed  in  kilometres  per  hour,  can  easily  be 
performed  by  the  microcomputer. 

If  each  calculation  is  performed  reg¬ 
ularly,  say,  once  a  second,  then  the  fuel 
consumption  and  speed  calculations  may 
be  added  to  give  running  average  figures, 
as  the  trip  proceeds. 


Control 

In  Digital  Electronics  22  we  found  that 
instrumentation  systems  are  often  used 
within  control  systems  to  provide  measure¬ 
ments  of  some  quantity  or  quantities  to  be 
controlled.  The  control  system  that  we  will 
now  look  at  is  a  car  speed  control  which 
can  be  used  by  the  driver  when  travelling, 
say,  for  long  distances  on  a  motorway,  to 
hold  the  car  at  a  chosen  speed.  This  type  of 
control  system  is  often  known  as  cruise 
control. 

Figure  7  shows  a  block  diagram  of  a 
cruise  control  system.  As  you  can  see,  this 
is  a  feedback  system,  where  a  sample  of 
the  car  speed  is  fed  back  via  the  speed 
transducer  and  trip  computer  instrumenta¬ 
tion  system  to  a  summing  point  at  the  input 
of  the  system.  The  system’s  error  signal,  e, 
is  thus  the  difference  between  the  required 
speed  (set  by  the  driver)  and  the  actual 
speed. 

Other  types  of  control 

Feedback  is  not  the  only  method  of  control 
used  in  control  systems,  open-loop  con¬ 
trol,  illustrated  in  figure  8,  is  a  much 
simpler  form  of  control.  Here,  an  open 
loop  cruise  control  is  shown,  where  the 
required  car  speed,  i.e.  how  much  faster  or 
how  much  slower,  is  estimated  by  the 
driver.  Let’s  say  the  driver  wants  to  go  20 
m.p.h.  faster  -  he  moves  his  control  (say,  a 
potentiometer  knob)  in  the  faster  direction 
as  far  as  he  feels  it  is  necessary  to  go,  and 
the  car  accelerates  to  a  higher  speed. 

If  the  driver’s  estimation  was  correct, 
the  car  will  be  travelling  20  m.p.h.  faster 
than  it  was  previously,  and  all  appears  well. 
However,  the  system  does  not  operate 


7.  Block  diagram  for  a 

cruise  control  system. 
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8.  Open-loop  control. 


9.  Feedforward  control. 


10.  Proportional 
control. 


satisfactorily  if  one  of  two  main  things 
happen: 

1.  The  driver’s  original  estimate  was  incor¬ 
rect  -  say,  if  an  overestimation  is  made  so 
that  the  car  accelerates  to  30  m.p.h. 

2.  Outside  factors  reduce  or  increase 

the  car’s  speed  -  say  a  head  wind  or  a  tail 
wind,  an  incline  or  decline  in  the  road. 
Another  type  of  control,  feedforward  con¬ 
trol,  is  therefore  needed. 

Feedforward  control  of  a  car’s  speed 
is  shown  in  block  diagram  form  in  figure  9. 

788 


Here,  outside  factors  are  measured  and 
appropriate  counteractions  are  taken  ear¬ 
lier  on  in  the  control  system.  This  type  of 
control  unfortunately  assumes  that  all  fac¬ 
tors  are  known  and  can  be  measured  in 
some  way  using  transducers.  However, 
even  if  measurement  of  a  head  or  tail  wind 
was  possible,  we  still  could  not  be  certain 
that  no  other  factors  existed.  Also,  the 
feedforward  control  system  still  relies  on 
the  original  estimate,  made  by  the  driver, 
of  how  much  faster  or  slower  the  car 
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11.  Proportional  - 
integral  control  system. 


should  be  moving. 

As  the  feedback  system  compares  the 
original  requirement  with  the  car’s  actual 
speed  and  produces  an  error  signal  which 
controls  the  speed,  it  is  therefore  the  only 
control  system  we  have  seen  which  may 
adequately  form  the  basis  of  a  car’s  cruise 
control  system.  In  practice,  feedback  sys¬ 
tems  often  use  feedforward  control  too,  if 
the  system  requirements  demand  it. 

How  cruise  control  systems  work 

Cruise  controllers  regulate  car  speed  by 
adjusting  the  engine  throttle  angle,  con¬ 
trolling  the  amount  of  fuel  into  the  engine. 
Thus,  the  engine  driving  force  is  increased 
or  decreased  depending  on  whether  the 
speed  is  below  or  above  the  required 
value.  The  control  system  must  take  into 
account  the  finite  time  lag  between  the 
newly  required  speed  input  signal  and 
resulting  final  speed  output  signal.  If  the 
control  system  tries  to  correct  speed  errors 
too  quickly,  the  vehicle  speed  may  become 
unstable,  and  oscillate  above  and  below 
the  required  value.  In  control  terms  this 
oscillation  is  known  as  hunting.  If  the 
control  system  corrects  speed  too  slowly, 


on  the  other  hand,  speed  change  will  not 
be  fast  enough  for  practical  use. 

Proportional  control 

Feedback  control  systems,  sometimes 
known  as  closed  loop  control  systems, 
may  be  grouped  into  a  number  of  different 
categories.  The  categories  are  generally 
named  by  the  type  of  circuits  used  in  the 
control  electronics  block  of  the  block  dia¬ 
gram.  The  simplest  type  of  closed  loop 
control  system  is  the  proportional  control 
system.  In  this  system,  shown  in  figure  10, 
the  control  electronics  block  produces  an 
output  which  is  directly  proportional  to  its 
input.  So,  the  control  signal  is  related  to  the 
error  signal  by: 

f  =  Kpe 

where  Kp  is  the  proportional  gain  of  the 
control  system. 

Although  proportional  closed  loop 
control  is  not  complex  and  proportional 
gain  may  be  changed  quite  readily  to  suit 
the  application,  it  does  have  one  major 
drawback  in  the  steady  state  error  which 
occurs  when  the  system  comes  to  rest. 
Steady  state  error  is  a  result  of  the  inertia  of 
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the  system  to  produee  a  control  output 
even  if  an  error  exists  at  the  input.  Often, 
steady  state  error  is  small  and  may, 
perhaps,  be  neglected.  It  depends  on  the 
proportional  gain  constant,  Kp,  and  by 
increasing  the  value  of  the  constant  the 
steady  state  error  may  be  reduced. 
However,  increases  in  proportional  gain 
may  cause  instability  and  hunting. 

A  much  better  method  of  eliminating 
steady  state  error  is  to  use  another  categ¬ 
ory  of  feedback  control  known  as  integral 
control,  along  with  proportional  control. 
Such  control  systems  are  often  termed 
proportional-integral  control  systems,  or 
PI  control  systems. 

Figure  1 1  shows  a  PI  control  system 
for  a  cruise  control,  in  which  the  overall 
control  signal  is  actually  the  sum  of  a 
proportional  control  signal,  ep,  and  an 
integral  control  signal,  et.  (The  integral 
control  signal  is  equal  to  the  sum  of  all  the 
error  signals  which  have  occurred  since  the 
start  of  the  control  process,  taking  account 
of  their  signs. )  The  gains  Kp  and  K,  are 
chosen  so  that  the  system  has  a  quick 
response,  is  accurate,  and  has  no  instability 
or  oscillations. 

Integral  control  is  used  with  prop¬ 
ortional  control  to  eliminate  steady  state 
error  by  effectively  adding  up  the  error  as 
time  progresses.  The  integral  control  block 
always  causes  the  final  error  in  position  to 
tend  towards  zero,  in  a  time  which  is 
determined  by  the  integral  control  gain. 

Performance  curves 

The  performance  of  PI  control  systems  can 
be  described  by  plotting  system  output 
response  against  time,  for  a  small  step 
input  change.  Figure  12,  for  example, 
shows  a  plot  of  vehicle  speed  (for  the 
cruise  control  system  of  figure  1 1 )  varying 
with  time  as  a  new  speed  is  required.  The 
system  cannot  produce  the  new  speed 
instantly,  and  the  time  it  takes  is  specified 
by  the  time  constant  of  the  system,  which 
is  the  time  taken  for  the  speed  to  reach 
63.2%  of  its  final  value.  The  time  constant 
varies  with  the  parameters  of  the  complete 
system,  one  of  which  is  the  damping 
coefficient,  also  known  as  the  decay 
factor.  The  curves  of  figure  12  are  plots  for 
systems  with  different  damping 
coefficients. 


Curve  1  represents  the  speed  re¬ 
sponse  of  a  system  that  is  over  damped  - 
the  speed  of  the  system  rises  sluggishly  and 
takes  a  long  time  to  reach  the  required 
speed.  It  has  a  time  constant  determined 
by  point  A.  Curve  4  represents  the  speed 
response  of  a  system  that  is  under 
damped.  The  speed  curve  rises  quickly, 
but  overshoots  the  required  speed,  and 
then  oscillates  around  the  speed  until  it 
finally  settles  down.  The  frequency  of  these 
oscillations  is  known  as  the  system’s  natu¬ 
ral  frequency.  The  time  constant  is  deter¬ 
mined  by  point  D. 

Curves  2  and  3  represent  systems 
that  have  damping  coefficients  that  make 
the  system  critically  damped  or  optimally 
damped.  The  critically  damped  system 
rises  smoothly  to  the  required  speed  with 
no  overshoot  and  in  a  minimum  amount  of 
time;  the  optimally  damped  system  rises 
quickly  and  overshoots  a  little,  but  settles 
quickly  to  the  required  speed.  This  system 
is  called  optimally  damped  because  the 
vehicle  speed  follows  the  required  speed 
more  closely  than  for  any  other  system. 

Usually  a  control  system  designer 
attempts  to  juggle  the  proportional  and 
integral  control  gains  so  that  the  system  is 
optimally  damped.  However,  because  of 
system  characteristics,  it  may  be  impossi¬ 
ble,  impracticable,  or  inefficient  in  many 
cases  to  achieve  the  optimal  time  response, 
so  another  response  may  be  chosen.  The 


12.  A  plot  of  vehicle 
speed  against  time  for  4 

systems  with  different 
damping  coefficients. 
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control  system  should  make  the  engine 
drive  force  react  quickly  and  accurately  to 
the  required  speed,  but  should’ nt  use 
excessive  effort  (overtax  the  engine)  in  the 
process.  The  system  designer,  therefore, 
must  choose  the  control  electronics  based 
on  the  following  system  qualities: 

1.  quick  response; 

2.  relative  stability; 

3.  small  steady  state  error; 

4.  optimization  of  control  effort  required. 


13.  (a)  Gain  response; 

and  (b)  phase  response 
curves  for  a  system  with 
closed  loop  system  gain. 
Ks,  for  different  damping 
coefficients. 


Frequency  response  curves 

Another  method  of  describing  system  per¬ 
formance  is  to  show  the  response  of  the 
system  to  command  signals,  over  a  range 
of  frequencies.  Two  types  of  curve,  gain 
response  and  phase  response,  are  shown 
in  figure  13  and  these  are  typical  of  such 
control  systems.  Figure  13a  shows  gain 
response  curves  of  a  system,  with  overall 
or  closed  loop  system  gain  Ks,  for  diffe¬ 
rent  damping  coefficients. 

The  use  of  these  curves,  strictly 


speaking,  assumes  that  any  changes  in 
input  value  are  expressed  in  sine  wave 
fashion.  This  may  seem  a  restrictive  condi¬ 
tion,  but,  in  fact,  it  still  allows  the  definition 
of  any  control  system’s  performance  with 
reasonable  accuracy  even  if  sine  wave 
input  changes  are  not  the  norm. 

When  the  input  signal  frequency  is 
low,  the  amplitude  of  the  system  gain  is  1 
and  the  operating  point  is  at  point  X  on  the 
curve.  Frequency  on  the  curves  is  expres¬ 
sed  in  terms  of  angular  frequency  co,  of  the 
signal,  and  is  related  to  the  actual  fre¬ 
quency  f,  by  the  formula: 

at  =  2nf 

As  the  input  frequency  is  increased, 
the  system  gain  remains  constant  for  a 
certain  band  of  frequencies  and  then  starts 
changing.  Note  that  one  system  with  diffe¬ 
rent  damping  coefficients  has  different 
frequency  response  curves.  For  under¬ 
damped  systems,  the  system  gain  actually 
increases  over  the  low  frequency  gain  at 
point  X.  This  increase  corresponds  to  the 
system  response  shown  in  curve  4  of  figure 
12.  When  the  speed  command  is  abruptly 
changed,  the  system  overshoots  and  oscil¬ 
lates  around  the  required  speed  setting.  A 
similar  correspondence  between  the  other 
curves  of  figures  12  and  13  exists.  The 
sluggish  response  of  an  overdamped  sys¬ 
tem,  indicated  by  curve  1  of  figure  12, 
corresponds  to  the  overdamped  system 
frequency  response  of  figure  13a,  where 
the  system  gain  is  not  as  good  at  higher 
frequencies  as  even  the  critically  damped 
system. 

This  is  further  substantiated  by  the 
curves  of  figure  13b  -  the  phase  response 
curves.  These  curves  tell  us  how  well  the 
system  output  is  following  the  input.  Phase 
can  be  thought  of  as  the  number  of 
degrees  the  output  shaft  lags  the  input 
shaft  in  one  revolution. 

The  closed  loop  gain.  Ks,  of  the 
system  depends  on  the  proportional  gain. 
Kp,  and  integral  gain,  Kp  In  order  that  the 
electronic  control  circuits  may  be  properly 
designed,  Kp  and  K|  must  be  known.  The 
integral  gain  constant,  K|,  depends  on  the 
mass  of  the  engine  being  controlled  and 
the  natural  frequency  of  the  system. 

The  proportional  gain  depends  on 
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the  above  factors  and  also  on  the  damping 
coefficient  and  the  frictional  force  due  to 
road  resistance,  wind  resistance  etc. 


values  as  given  in  figures  13a  and  13b 
using  figure  12  as  a  guide.  Knowing  these 
parameters,  Kp  is  determined. 


Design  choices 

For  any  automotive  electronic  speed  con¬ 
trol,  the  system  designer  makes  several 
choices.  The  decision  process  might  follow 
this  pattern:  first,  the  mass  of  the  vehicle, 
the  engine  power,  and  the  friction  factor, 
are  determined;  second,  the  natural  fre¬ 
quency,  <un  of  the  system  is  chosen.  The 
input  signal  frequency  range  to  which  the 
controller  must  respond  is  based  on  a 
study  of  how  quickly  a  human  driver  can 
detect  and  correct  for  vehicle  speed 
changes  on  a  hilly  road  surface.  It  is 
assumed  that  the  cruise  control  system 
must  respond  at  least  as  fast  as  the  driver. 
Humans  respond  in  tens  of  milliseconds  to 
tenths  of  seconds.  From  con,  K,  is  set 
knowing  the  mass  of  the  vehicle. 

Third,  the  damping  coefficient  for  the 
kind  of  response  desired  is  chosen  from  the 


A  complete  cruise  control  system 
Figure  14  shows  a  block  diagram  of  the 
control  electronics  block  of  a  possible  car 
cruise  control  system.  The  input  speed 
command,  i.e.  the  required  speed,  and  the 
actual  car  speed  are  stored  directly  in 
counters. 

The  actual  speed  signal  is  sampled 
periodically  and  is  formed  by  the 
output  from  the  speed  instrumentation 
system  discussed  earlier.  Required  speed  is 
set  by  the  driver.  Both  numbers  are 
compared  (actually  subtracted  from  each 
other  to  obtain  a  difference)  and  a  number 
representing  the  error  is  applied  to  two 
paths. 

In  one  path,  a  look-up  table  is  used  to 
produce  an  output  number  representing 
the  system’s  proportional  gain  output,  ep. 
The  other  path  digitally  integrates  the  error 


14.  Block  diagram  of 

the  control  electronics 
block  for  a  cruise  control 
system. 


14 
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numbers  over  time  and  outputs  a  number  computer  -  perhaps  the  same  micro- 
representing  integral  gain  output;  computer  used  in  our  example  trip  com- 

An  adder  sums  the  two  numbers,  puter  instrumentation  system  -  or  may, 

producing  the  final  output  which  is  used  to  alternatively,  be  built  using  analogue  inte- 
drive  the  throttle  actuator,  thus  controlling  grated  circuits. 

car  speed.  An  analogue  PI  cruise  control  system 

Such  a  PI  cruise  control  electronics  circuit  could  be  built,  for  example,  using 

block  may  be  constructed  with  a  micro-  operational  amplifiers. 

Glossary 

closed  loop  control 

a  control  system  in  which  feedback  is  used  to  form  a  complete  loop  in 
which  an  error  signal  is  formed 

closed  loop  system 
gain 

overall  gain  of  a  feedback  control  system 

cruise  control 

a  control  system  used  in  a  car  to  maintain  constant  speeds,  demanded 
by  the  driver 

damping  coefficient 

measure  of  the  extent  to  which  oscillations  are  reduced  in  a  potentially 
oscillatory  system 

feedforward  control 

control  system  procedure,  in  which  the  effects  of  disturbances  are 
calculated  and  allowed  for,  prior  to  the  effect  taking  place 

flowmeter 

a  transducer  designed  to  produce  an  output  signal  proportional  to  the 
amount  of  liquid  flowing  through  it 

hunting 

continuous  oscillation  of  a  control  system  around  its  required  output 

integral  control 

control  procedure  in  which  the  control  signal  is  proportional  to  an 
integral  of  the  input  or  error  signal 

natural  frequency,  g>„ 

the  frequency  at  which  a  control  system  would  oscillate  if  no  damping 
was  applied 

open  loop  control 

a  control  system  procedure  in  which  the  system  output  is  a  direct 
consequence  of  the  input  and  any  disturbances 

proportional  control 

control  procedure  in  which  the  control  signal  is  directly  proportional  to 
the  input  or  error  signal 

proportional  gain,  Kp 

gain  of  the  proportional  control  block  of  a  proportional  control  system 

proportional-integral 
control  (PI  control) 

control  procedure  where  the  control  signal  is  obtained  by  adding  the 
outputs  of  a  proportional  controller  and  an  integral  controller 

steady  state  error 

standing  error  (i.e.  difference  in  actual  output  signal  from  required 
output)  in  a  proportional  control  system 

trip  computer 

car  instrumentation  system,  generally  allowing  readings  of  car  speed, 
fuel  consumption,  distance  travelled  etc. 
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spectrum 

The  electromagnetic 
spectrum 

Telecommunications,  literally  meaning 
‘distance  communications’  is  the  branch  of 
applied  science  that  now  encompasses  all 
electrical  and  electronic  methods  of  audio¬ 
visual  communications  and  data 
transmission. 

Fast,  reliable  communications  links 
now  form  an  integral  part  of  both  govern¬ 
ment  and  business  practice,  where  facsi¬ 
mile  transmission  and  modem  links  for 
computers  mean  that  large  amounts  of 
data  can  be  transmitted  from  one  place  to 
another.  This  series  of  articles  will  examine 
the  different  types  of  electronic  com¬ 
munications  device,  and  the  methods  and 
systems  available. 

Electromagnetic  radiation  is  a  form  of 
energy  which  travels  in  waves,  radiating 
away  from  their  point  of  origination:  such 
radiant  energy  is  thus  transmitted  without 
physical  contact. 

Electromagnetic  radiation  has  been 
defined  by  the  scientist  Maxwell  as  the 
energy  radiated  by  a  charged  particle 
undergoing  acceleration.  This  resulted  in 
the  generation  of  electric  and  magnetic 
fields  which  were  mutually  perpendicular 
and  also  perpendicular  to  the  direction  of 
motion  of  the  radiation  -  termed  trans¬ 
verse  electromagnetic  fields.  If  the 
charged  particle  moves  sinusoidally,  the 
instantaneous  values  of  these  fields  are 
also  sinusoidal  and  related  to  the  charge 
density.  Further  work  found  that  the  be¬ 
haviour  of  these  electric  and  magnetic 
fields  was  identical  to  the  behaviour  of 
light,  and  that  light  itself  was  a  form  of 
electromagnetic  radiation. 

Maxwell  found  that  the  wavelength  of 
an  electromagnetic  wave,  when  multiplied 
by  its  frequency,  gives  a  figure  which  is 
equal  to  the  velocity  of  light,  and  hence  the 


velocity  of  the  wave,  3  X  108  ms-1  (figure  Above:  a  receiving  dish. 
1 ).  A  graph  for  determining  the  wavelength 
from  frequency  is  shown  in  figure  2. 

Part  of  the  electromagnetic  spectrum 
is  shown  in  figure  3  and  it  can  be  seen  that 
the  range  of  frequencies  used  for  com¬ 
munications  purposes  is  considerably 
broader  than  that  for  visible  light.  Modern 
communications  systems  now  use  the 
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1.  Sinusoidal 
electromagnetic  wave. 


2.  Determining 
wavelength  from 
frequency. 


range  of  frequencies  from  a  few  hertz  up 
to,  and  including,  the  visible  light  range. 

The  sound  spectrum 

Sound  is  a  form  of  energy  which  is 
transmitted  in  waves,  however,  unlike 
electromagnetic  waves  which  can  be  prop¬ 
agated  in  a  vacuum,  sound  waves  depend 
on  some  medium  for  their  transmission. 

Healthy  human  ears  are  capable  of 
perceiving  sound  over  the  range  20  Hz  to 
20  kHz;  the  ability  to  hear  very  high 
frequency  sounds,  however,  deteriorates 
with  age  (an  upper  level  of  10  kHz  is 
considered  to  be  average).  The  rela¬ 
tionship  between  frequency,  the  sounds  of 
familiar  musical  instruments  and  the  notes 
of  a  piano  is  shown  in  figure  4. 

The  value  obtained  when  multiplying 
together  the  wavelength  and  frequency  of 
sound  is  3.314  x  lCr  ms-1  -  the  velocity 
of  sound  in  dry  air.  This  value  is  much 
slower  than  the  corresponding  speed  of 
electromagnetic  waves.  The  electrical  cur¬ 
rents  and  electromagnetic  radiation  that 
exist  at  the  same  frequencies  as  sound,  are 
used  in  electronic  communications  systems 
-  their  corresponding  wavelengths, 
however,  are  about  a  million  times  longer 
than  those  of  sound. 

Generating  electromagnetic  radiation 

If  electrical  currents  of  sufficient  amplitude 
flow  into  an  aerial  (or  antenna),  then 


795 


electromagnetic  radiation  is  produced.  To 
examine  why  this  is  so,  take  a  look  at  figure 
5a  which  shows  two  conductors  connected 
to  a  battery.  As  you  can  see,  an  electric 
field  exists  between  the  two  wires.  If  the 
battery  is  removed  and  the  conductors 
connected  as  shown  in  f  igure  5b,  the 
electron  current  flow  sets  up  a  magnetic 
field  at  right  angles  to  the  electric  field. 
(Remember,  any  conductor  with  an  elec¬ 
tric  current  passing  through  it  is  sur¬ 
rounded  by  a  magnetic  field  and  an  electric 
field  exists  in  any  system  in  which  there  are 
equal  positive  and  negative  changes. )  The 
important  points  to  note  here  are:  the 
magnetic  field  alternates  with  the  electric 
field;  both  fields  exist  at  right  angles  to  each 
other;  and  the  two  fields  are  independent 
of  each  other. 

Now,  if  the  battery  is  replaced  by  an 
alternating  current  source  {figure  6),  then 
the  result  is  a  dipole  radiator  or  transmit¬ 
ting  aerial.  The  constantly  alternating 
current  sets  up  corresponding  alternating 
electric  and  magnetic  fields,  creating  a 
transmission  of  electromagnetic  waves. 

Figure  5  shows  the  state  of  the  electric 
field  at  a  particular  polarity,  but  this,  of 
course,  changes  with  the  alternating  cur¬ 
rent.  In  fact,  electromagnetic  radiation  can 
also  be  generated  by  devices,  television 
receivers  and  motorised  equipment  for 
example,  that  are  not  supposed  to  produce 
it.  This  unwanted  electromagnetic  radia¬ 
tion  can  cause  interference  with  the  radia¬ 
tion  that  is  deliberately  generated  to  carry 
information.  When  electromagnetic  radia¬ 
tion  is  generated  by  a  radio  transmitter,  the 
pattern  of  energy  transmitted  depends 
mainly  on  the  design  of  the  aerial. 

Radiation  patterns 

The  simplest  pattern  of  distribution  of 
radiated  energy  is  uniform  or  omni¬ 
directional,  where  the  same  amount  of 
energy  is  radiated  in  all  directions.  The 
more  powerful  the  transmitter,  the  further 
this  pattern  extends  into  space;  a  concep¬ 
tual  analogy  is  that  of  a  light  bulb.  This  type 
of  radiation  pattern  is  useful  if  the  receiver 
is  to  be  anywhere  in  the  space  around  the 
transmitter. 

However,  if  the  receiver  is  located  in 
a  fixed  place,  this  transmitter  arrangement 
is  undesirable  as  figure  7  shows.  In  this 


example,  the  receiver,  a  photodetector  and 
amplifier,  intercepts  only  a  small  portion  of 
the  transmitted  energy,  the  rest  is  wasted 
and  may  actually  act  as  interference. 

If  the  aerial  can  be  designed  to 
transmit  information  as  a  beam  of  energy, 
then  it  can  be  directed  to  the  receiver.  The 
directional  transmitter  can  now  be  repre¬ 
sented  by  a  torch  that  emits  a  focused 
beam  of  light.  This  arrangement  uses  less 
electrical  energy  to  transmit  the  same 
amount  of  light  onto  the  photodetector 


3.  Part  of  the 
electromagnetic 
spectrum  showing  the 
range  of  frequencies 
used  for 

communications. 
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4.  Relationship  between 
frequency  and  the 
sounds  of  various 
musical  instruments. 


◄ - Trombone - ►  ◄ -  Piccolo - ► 

◄ - Double  bass - ►  ◄ -  Flute  - ► 

◄ - ►  ◄ -  Violin - ► 

Kettle  drum  4 - Oboe - ► 

< -  Clarinet  - ► 

^ - Trumpet - ► 

^ -  French  horn - ► 

< -  Bass  clarinet - ► 

^ -  Bassoon - ► 

< -  Bass  tuba  - ► 

< -  Viola - ► 

◄ -  Cello  - ► 

< -  Human  voices - ► 


32.7  65.41  130.31  261.63  523.75  1046.5  2093  4186 

Frequency  (Hz) 


5.  (a)  An  electric  field 
between  two  wires 

connected  to  a  battery; 

(b)  the  magnetic  field  is  at 
right  angles  to  the  electric 
field. 


{figure  8). 

As  figure  9  shows,  this  kind  of  beam 
irradiated  pattern  allows  several  similar 
transmitter/receiver  pairs  to  operate  in  the 
same  area  without  interfering  with  one 
another.  One  can  think  of  the  radiation  as 
being  channelled  along  ‘pipes’  of  air,  so 
that  each  communication  system  is  entirely 
isolated  from  all  others.  Again,  the  stronger 
the  transmitter  beam,  the  greater  the  dis¬ 
tance  can  be  between  transmitter  and 
receiver.  One  factor  to  be  taken  into 
consideration  is  that  electromagnetic  radia¬ 


tion  can  be  affected  by  the  atmosphere 
through  which  it  is  travelling,  the  amount 
by  which  the  strength  is  reduced  depend¬ 
ing  on  many  different  factors. 

Electromagnetic  waves  can  be  re¬ 
flected  by  electrically  conductive  surfaces, 
like  metals,  the  angle  of  reflection  being 
equal  to  the  angle  of  incidence  (figure 
10a).  If  electromagnetic  waves  meet  non¬ 
conducting  surfaces  -  for  example  plastics 
-  the  signal  will  be  partially  reflected  and 
partially  absorbed  {figure  10b).  Notice  that 
the  portion  of  the  signal  that  is  absorbed 
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enters  the  material  at  a  different  angle  - 
like  a  beam  of  light  refracted  in  water. 

Electromagnetic  waves  suffer  absorp¬ 
tion  losses  when  passing  through,  or  strik¬ 
ing,  any  kind  of  matter  and  this  is  due  to 
part  of  the  wave’s  energy  content  being 
transformed  into  heat.  If  a  wave  travels 
through  an  obstacle  that  is  big  enough, 
then  the  signal  will  be  completely 
absorbed.  However,  this  absorption  is  not 
always  a  disadvantage  -  it  forms  the  oper¬ 
ating  principle  behind  microwave  ovens. 

The  process  that  produces  electro¬ 
magnetic  waves  is  very  complex  and  adv¬ 
anced  mathematics  is  needed  to  describe 
it;  a  qualitative  explanation  will  help  to 
understand  it.  The  circuit  shown  in  figure 
11a  is  known  as  a  tank  or  resonant  circuit, 
which,  if  charged  and  left,  would,  in 
theory,  oscillate  indefinitely.  The  energy  in 
the  circuit  is  stored  as  a  magnetic  field  in 
the  inductor  at  one  moment,  and  as  an 
electric  field  in  the  capacitor  the  next.  The 
current  would  thus  theoretically  continually 
flow  backwards  and  forwards  between  the 
two  components,  if  it  was  not  in  reality  lost 
as  heat  in  the  circuit’s  resistance. 

If  a  wire  is  attached  to  each  side  of  the 
tank  circuit  (figure  lib )  then  we  have  a 
dipole  aerial  connected  to  an  oscillator. 
This  is  a  similar  circuit  to  the  one  used  by 
Heinrich  Hertz  in  the  late  19th  century. 
Over  the  period  of  one  oscillation  cycle, 
the  current  in  the  tank  circuit  will  spend  a 
quarter  cycle  charging  the  capacitor;  a 
quarter  cycle  discharging  from  the  capaci¬ 
tor;  a  quarter  cycle  charging  the  inductor; 
and  the  remaining  quarter  cycle  discharg¬ 
ing  from  the  inductor.  The  sequence  of 
charge  and  discharge  in  the  tank  circuit  is 
linked  to  the  length  of  the  dipoles,  as  the 
electron  current  travels  to  the  end  of  each 
wire  and  back  to  the  tank  circuit  creating 
alternate  electric  and  magnetic  fields.  The 
length  of  the  wires  has  to  be  such  that  the 
electron  current  can  complete  a  circuit  of 
both  dipoles  in  the  time  taken  for  the 
oscillator  to  complete  one  cycle,  otherwise 
the  oscillations  in  the  aerial  will  not  be  in 
phase  with  the  oscillations  in  the  tank 
circuit.  The  length  of  each  dipole  is  equal 
to  a  quarter  wavelength;  both  dipoles 
together  being  equal  to  a  half-wave.  As: 

,  .  .  speed  of  light 

wavelength,  X  -  "  frequency 
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6.  Dipole  radiator  or 

transmitting  aerial. 

7.  Omnidirectional 
radiation  pattern:  a 

fixed  receiver  intercepts 
only  a  small  portion  of 
the  transmitted  energy. 

8.  Radiation  pattern  in 

the  form  of  a  directed 
beam. 

9.  Several  beam 
irradiated  patterns  may 

operate  in  the  same  area 
without  interference. 

10.  Electromagnetic 
waves  reflected  by:  (a) 
metals:  and  partially 
absorbed  by  (b)  non¬ 
conducting  surfaces. 

11.  (a)  Tank;  (b)  dipole 
aerial  connected  to  an 
oscillator. 


11 


a) 


we  can  determine  the  dimensions  of  the 
dipole  needed  to  transmit  a  signal  of,  say, 
2  MHz: 

.  3  x  108 

wavelength,  X  =  2  x  106  =  150  m 

A  half -wavelength  is  therefore  75  m  long, 
so  each  conductor  in  the  dipole  will  be 


37.5  m  long. 

However,  electromagnetic  waves 
cannot  travel  as  quickly  in  conductors 
(having  resistance)  as  they  do  in  space,  so 
this  value  needs  to  be  corrected.  The 
formula  for  the  length  of  dipole  aerials 
used  to  carry  signals  of  up  to  30  MHz  is: 
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12.  The  electro¬ 
magnetic  field  that 
exists  around  a  dipole 
aerial. 


13.  The  two 
components  of  a  plane 
polarized  wave. 


length  of  aerial  = 


1.43  x  108 


frequency 
so.  in  this  example  (at  2  MHz): 

1.43  x  108 

length  of  aerial  =  2  x  106  —  71.5m 

and  each  conductor  will  be  35.75  m  long. 


Polarization 

Figure  12  illustrates  the  complex  electro¬ 
magnetic  field  that  exists  around  a  dipole 
aerial.  As  you  can  see,  the  field  is  most 
effective  in  the  horizontal  direction:  its 
doughnut-shaped  radiation  pattern  giving 
the  minimum  radiation  at  the  top  and 
bottom  of  the  aerial.  If  the  plane  of  the 
electric  field  is  horizontal  to  the  earth  then  it 
is  said  to  be  horizontally  polarized,  while 
orienting  the  electric  field  vertically  pro¬ 
duces  a  vertically  polarized  wave. 

Figure  13  illustrates  the  two  compo¬ 
nents  of  a  vertically  polarized  electro¬ 
magnetic  wave  -  whether  horizontal  or 
vertical  this  is  known  as  a  plane  polarized 
wave.  When  a  dipole  aerial  is  vertical  to 
the  earth,  its  doughnut-shaped  radiation 
pattern  will  be  horizontal,  and  the  max¬ 
imum  radiation  will  therefore  be  in  all 
horizontal  directions  around  the  aerial.  If, 


on  the  other  hand,  the  aerial  is  horizontal 
to  the  earth,  then  the  doughnut  pattern  will 
be  vertical  and  the  maximum  radiation  will 
be  in  this  vertical  plane.  This  means  that  a 
dipole  aerial  may  be  used  to  transmit 
electromagnetic  waves  in  a  directional 
manner.  ( continued  in  part  26) 
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